Abstract-In this paper, a new design of fractional sample delay filter is presented. This method is based on the Stancu polynomial, which possesses an extra parameter . Under special choice of this parameter, the results obtained are identical to previous ones based on Lagrange interpolation formula. Much more flatness of group-delay response can be achieved at the sacrifice of the filter magnitude response. Thus, this method provides designers more flexibility for trading between these two performance criterion.
I. INTRODUCTION
In digital signal processing system, sometimes it is desired to have the linear phase shifter or, equivalently, constant delay of a signal. A signal delayed for a duration of integer multiples sampling period can be easily obtained by passing it through cascading unit-delay elements. However, it is desired to delay a signal with fractional multiples of sampling period [3] - [6] . For example, transferring discrete time data samples between two digital systems that have the same clock rate but use separate clock generators might require an fractional sample delayer to compensate for the delay time between two clocks.
The ideal frequency response of a phase shifter is H(!) = e 0j! (1) where is the amount of constant delay that the filter would like to achieve. Since jH(!)j = je 0j! j = 1, the ideal magnitude response is 1 for all frequency components. Also, the desired group delay of a filter is constant frequency components. Thus, both are used as criterion for grading fraction delay filters.
In [3] and [4] , fractional sample delay filters are designed based on the interpolation method. To estimate the signal value at fractional sampling period, the Lagrange interpolation formula is utilized. In this paper, we present another design of fractional sample delay filters by using the Stancu polynomial, which is first introduced by Stancu in [2] . Under certain conditions, the designed filters are identical to those in [3] . But they enjoy a flexibility of trading between the magnitude response and group delay of filter responses. This paper is organized as followed. In Section II, the definition and some properties of the Stancu polynomial are introduced. We briefly review previous method in [3] and then demonstrate our design in Section III. Illustrative examples are also given. Section IV is devoted to conclusions.
II. DEFINITION AND PROPERTIES OF STANCU POLYNOMIAL

A. Definition of the Stancu Polynomial
The Stancu polynomial operator S N (f; x; ) = S N (f(t); x; ), corresponding to a function f = f(x) defined on the interval (0, 1), and to a parameter , is defined as [2] S N (f; x; ) = n i=0 S i N (x; )f i N
where we have ( 
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B. Properties of the Stancu Polynomial
Some properties of the Stancu polynomial listed in [2] , [1] are revisited.
1) It is obvious that the Stancu approximation of f(t) always passes through f(0) and f(1), i.e., S N (f; 0; ) = f(0); S N (f; 1; ) = f(1):
2) We note that when = 0, the Stancu polynomial reduces to well-known Bernstein polynomial
And, when = 0(1=N), the Stancu polynomial becomes as in (14), shown at the bottom of the page, which is the equally spaced Lagrange interpolation of f(t) on the interval t 2 (0; 1).
3) There is an identity of the Stancu polynomial; this is
III. DESIGN METHOD
A. Previous Design
We first describe the design method in [3] . A 2N -order Lagrange interpolation formula for an equally spaced data sequence fx(n+N);x(n+N 01);1 11; x(n+1); x(n); x(n01); 111 ; x(n 0 N)g is constructed
where Li(t) is defined as (17), shown at the bottom of the next page.
Then the value of the waveform at the fractional sample point (n+ ) is evaluated using this Lagrange interpolation formula
It is easily seen that x(n + ) is linear combination of the input data sequence x(n+i); 0N i N. Let x(n+) be the output of a fractional delay filter with delay time , i.e., y(n), then (18) difference equation which relates the input and output of filter. Thus, the coefficients of filter is L i (n + ). This filter can be implemented by using transversal filter structure shown in Fig. 1 . We also note that although the designed filter is noncausal at this moment, we may make it causal by simply shifting the coefficients with integer multiples of delay. Unavoidable tape delay is introduced by this procedure.
B. Proposed Design
Now we describe how to design fractional delay filters using the Stancu polynomial.
Since the Stancu polynomial is defined on the interval (0, 1), the mapping y = 2Nx 0 N maps the interval (0, 1) into (0N; N) 
Here, we claim that this result is identical to that in [3] Figs. 8 and 9. It is obvious that when moves from 0 1 4 toward 0, the magnitude response deteriorates continuously but the group delay first becomes more flat and, after 0(1=4), then bending again. Thus we suggest that designers had better select a value between 0(1=2N) and 0(1=4N) for delay filters of length 2N + 1.
IV. CONCLUSION
In this paper, we have presented a new design method, which is based on the Stancu polynomial, for fractional sample delay filters. By controlling a parameter , more flexibility can be achieved. We may find compromise for the flatness between their magnitude response and 
I. INTRODUCTION
The eigenfilter approach is an efficient method to design a large variety of digital filters having both finite-impulse response (FIR) [1] - [3] and infinite-impulse response (IIR) [4] - [6] . The method is flexible and easy to implement, since the problem is reduced to finding the eigenvector corresponding to the minimum eigenvalue of a positive-definite matrix. The design of complex coefficient FIR eigenfilters has been described in [2] , where the problem is converted into a real coefficient design problem, and in [3] , where the design involves the search of the eigenvector of a complex Hermitian symmetric positive-definite matrix. The eigenfilter approach has been applied to multirate signal processing and two-channel QMF bank design in [7] and [8], respectively.
The purpose of this brief is extending the application of the eigenfilter approach to the design of linear phase prototypes with real and complex coefficients to implement uniform and nonuniform NPR modulated filter banks. An M-channel nonuniform filter bank with integer decimation factors is shown in Fig. 1 . If all the downsampling/upsampling factors are equal to M, we have a uniform filter bank.
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